Abstract-Emerging low date-rate Machine-to-Machine (M2M) communications call for promising Hybrid Automatic Repeat-reQuest (HARQ) schemes with improved link reliability and feedback efficiency. This motivates us to develop a novel adaptive HARQ scheme by exploiting the knowledge of Channel Quality Information (CQI), which can be obtained through either channel estimation techniques or location-aided technology. The proposed adaptive HARQ scheme will determine the suitable transmission mode to guarantee a specific Frame Error Rate (FER) during the first transmission with the aid of location information. Simulation results demonstrated that our proposed scheme can achieve more attractive throughput performance, while maintaining a similar FER, compared to conventional HARQ schemes.
I. INTRODUCTION
Machine-to-Machine (M2M) communications are emerging as an important area in cellular networks, when the service demands increased dramatically [1] . Certain services in M2M communications require better transmission reliability. For example, the reliability of data transmission in a sensor network for medical monitors is critical to maintain the functionality of the entire system. Furthermore, the power-limited M2M devices are expected to work for a long life-time, especially for those un-chargeable ones. Therefore, energy efficiency and reliability become two key design requirements for M2M communications [2] .
Hybrid Automatic Repeat-reQuest (HARQ) [3] [4] combines Forward Error Correction codes (FEC) and Automatic Repeat-reQuest (ARQ) to improve the reliability of data transmission and achieves a better throughput performance, which neither of the two methods can achieve alone. The simplest version of HARQ scheme is Type-I HARQ, which straightforwardly combines FEC with ARQ [5] . With the aid of soft combining, more sophisticated HARQ schemes may achieve higher throughput, since all corrupted replicas from different (re)transmissions are combined to recover the original frame. Namely, Type-II HARQ with Chase Combining (CC), Type-II HARQ with Incremental Redundancy (IR) and Type-III HARQ [6] - [8] . More explicitly, CC adds the soft information of retransmitted identical bits, which is represented by the Log-Likelihood Ratios (LLRs) during decoding [9] . However, IR indicates that new parity bits will be transmitted in each retransmission. The probability of successful decoding increases, due to the lower-rate codeword after combining the additional parity information from each retransmission. Like Type-II HARQ, Type-III HARQ may also use CC or IR for its retransmission strategy, while each of (re)transmissions is self-decodable. Both CC and IR may be adopted in a practical HARQ scheme, e.g. Souza integrated CC and IR in his proposed HARQ scheme in [10] .
Traditional rate-fix HARQ schemes have two disadvantages: long delay and throughput loss. Specifically, a number of retransmissions must be required for recovering the information bits for a specific channel condition. Since there is a gap between two transmissions, more retransmissions implies longer delay. Furthermore, the rate-fix HARQ may not match a specific overall coding rate, namely the minimum one which can be achieved by currently used codes for that channel condition. For example, if the fixed-rate of each transmission is 1, the overall coding rate decreases to after one, two, · · · , six transmissions. However, the minimum overall coding rate for that channel condition lies between two boundary coding rates, e.g. between ( ). In this case, the fixed-rate HARQ will suffer from a fraction of throughput loss. In order to improve the spectrum efficiency, link adaptation techniques have been proposed for HARQ, such as adaptive modulation and coding schemes [11] . Adaptive HARQ allows early termination of the transmission once sufficient information has been received, in this way the throughput loss can be compensated. In [12] , a rate adaptation scheme was proposed for maximizing the average transmission rate while satisfying a target outage probability in Rayleigh block fading channels, where the selection of modulation and coding schemes for the initial frame transmission is usually determined by the channel quality information (CQI). The authors of [13] combined a truncated HARQ protocol with adaptive modulation and coding, in order to maximize spectral efficiency in a general Nakagami-m block-fading channel with delay and error constraints. Although a large amount of research on HARQ schemes has been carried out, the impact of signalling overhead and throughput in M2M scenarios has not been investigated yet. HARQ can still be polished in order to provide reliable transmission and efficient spectral employment for M2M communications.
In this paper, we concentrate on designing a suitable HARQ mechanism for M2M communications. Rate-adaptive schemes will be considered for the case of low data-rate and shortpacket communications for power-limited M2M devices. The main contribution of this work lies with a novel adaptive HARQ scheme, exploiting channel information to improve throughput, as well as maintaining a similar Frame Error Rate (FER). Compared to conventional fixed-rate HARQ schemes, better FER and throughput performance may be achieved.
Remark: The M2M network is characterized with low mobility environment, where the communication channel is slowly time-varying. In such environment, the location information of M2M devices, if available, can be easily translated into the transmitter-side SNR knowledge, based on which the transmitter can optimize the code rate of the first transmission without need of the channel estimation at the receiver side. It is clear that such a location-aided technology can effectively reduce the pilot overhead and complexity paid for the channel estimation as well as the feedback overhead for code rate indication. Certainly, the location-aided SNR estimation is not as accurate as the receiver-side SNR estimation used in this paper, and it could be a good future work to further investigate the impact of SNR estimation error on the linklevel performance such as FER and throughput.
II. SYSTEM MODEL
As shown in Fig.1 , a point-to-point communication system including a transmitter and a receiver is considered, in which the transmitter sends coded message to the destination via a block fading channel [14] . Since the transmission period of M2M communications is rather short compared to the idle time of M2M devices, we may assume that the channel gain keeps constant within (re)transmissions for one packet, while varying independently from packet to packet. At the transmitter, the incoming message a having k equiprobable and independent information bits a = [a 0 a 1 . . . a k−1 ] is transmitted through the fading channel with one-side noise power spectral power density N 0 . Prior to the transmission, each block of k-bit information sequence a is encoded by a rate-1 r turbo encoder, yielding a sequence of systematic and parity bits b, as seen in Fig. 1 . The output codeword b j for the j th transmission is formed by puncturing b according to the decision of rate adaption, which will be detailed in Section III-A. Then, the modulated symbols are transmitted through the channel using the energy E s for each symbol. Assuming that the frame sent in time slot i experiencing a channel gain h i , the received symbols at the receiverb j may be expressed as:
where t = 1 · · · l, and l is determined based on the coding rate no error is detected, the receiver sends back an ACKnowledgement (ACK) message; otherwise, a Negative ACKnowledgement (NACK) message will be fed back to the transmitter. In our proposed HARQ scheme, only one retransmission is required due to the rate adaptive mechanism. The received frame from the second transmission will be soft combined with the previous one. Turbo decoding is then recommenced and may succeed in a high probability, based on the combined soft information. However, if CRC fails again, the packet will be discarded and no message will be sent back to the transmitter. All the signalling messages including the Channel Quality Information (CQI) indicator and ACK/NACK, are assumed to be transmitted over a perfect feedback channel and hence error-free.
III. PROPOSED ADAPTIVE HARQ SCHEME FOR M2M
COMMUNICATIONS With the aid of Rate Compatible Punctured Turbo (RCPT) codes [15] , our proposed adaptive HARQ scheme allows two transmissions which are enough to achieve a desirable link level performance. During the first transmission, the coding rate may be adapted based on the CQI; while the whole codeword will be retransmitted during the second transmission. In the following sections, we will describe the working mechanisms of the transmitter and receiver in details in Sections III-A and III-B. Section III-C explains the generation of a Look-up table, which pre-stores the coding rates corresponding to the CQI.
A. Transmitter mechanism
The transmitter of our HARQ scheme employs a turbo encoder consisting of two parallel recursive convolutional encoders. Fig.2 illustrates the transmitter structure of our proposed HARQ scheme. Generally, the turbo encoder outputs a codeword with a specific coding rate. More specifically in our scheme, a 1 3 -rate codeword b may be obtained each time by invoking the turbo encoder, including the systematic bit sequence a and two parity bit sequences b 1 , b 2 , as seen in Fig.2 . The coding rate for the j th transmission is determined by the rate adaptation strategy according to the CQI. Based on RCPT, the final transmitted b j with a coding rate higher than The rate adaptation in Fig.2 plays an important role in our adaptive HARQ scheme. It returns a coding rate corresponding to the CQI by searching a look-up table, which pre-stores all coding rates corresponding to all 4 CQI messages for recovering the information bits at a probability of P f . The CQI message can be obtained by two means: 1) using 2-bit CQI feedback from the receiver; 2) translating from the location information through employment of geo-location database. When the appropriate coding rate is found, the transmitter performs puncturing operation to obtain the codeword of b 1 for the first transmission.
Decoding onb 1 at the receiver may succeed at a probability of P f and may fail at (1−P f ), where P f is the aforementioned specific FER that the coding rate may achieve. Then, the transmitter may receive an 1-bit ACK or NACK message respectively for successful or unsuccessful reception. If an NACK message is received, the transmitter will transmit the whole rate 1 3 turbo encoded packet b 2 = b during the second transmission. If the decoding fails again, the packet will be discarded.
B. Receiver mechanism
When the receiver receives the first codeword ofb 1 , it will perform the opposite de-puncturing and de-multiplexing operations to form the systematic LLRs ofã and two parity LLR sequences ofb 1 andb 2 , as seen in Fig.3 , which illustrates the turbo decoder structure of our proposed HARQ scheme. Since only a part of parity bits of b 1 and b 2 may be transmitted in the first transmission when the coding rate is higher than 1 3 , the LLRs of those untransmitted bit positions will be padded with zeros during the de-puncturing. The iterative decoding is then executed by exchanging their extrinsic LLRs between two parallel components. After a number of iterations, the estimated information bitsã are decoded by the hard decisions on the output a posteriori LLRsã p . In the case of an unsuccessful decoding during the first transmission, the second received packet will be soft combined with the previous one. More explicitly, the repeated systematic LLRs and parity LLRs inb 2 are added with those LLRs iñ b 1 . The new parity LLRs fromb 2 which are excluded iñ b 1 replace the zeros padded in the de-puncturing for the first transmission. Turbo decoding is activated again, until the CRC succeeds or a number of iterations is reached. If the CRC still fails, the packet will be discarded and nothing will be reported to the transmitter.
C. Look-up table generation
As mentioned before, the look-up table pre-stores all coding rates for all possible CQI messages. Considering the short packet length in M2M communications, a 2-bit CQI message indicating 4 channel statuses may not inflict a large number of extra overhead. Therefore, the look-up table contains 4 entries storing 4 coding rates. The criteria of selecting these coding rates is to ensure a successful transmission at a high probability, when using these coding rates. In other words, a potentially low FER may be achieved during the first transmission. In our implementation, we set this specific low FER to be P f = 10 −3 .
In order to find the relationship between the coding rates and the channel statuses, we designed an off-line training based on a 1 3 turbo encoder and decoder. The same parameters are adopted as those used in the simulations of Section IV, such as 84-bit packet length, QPSK modulation and so on. However, the channel model for this training is an Additive White Gaussian Noise (AWGN) channel, instead of a quasistatic Rayleigh fading channel, since the channel gain keeps constant during the transmission of each block. Therefore, the transmission of each block may be viewed over an AWGN channel with the SNR corresponding to the current channel gain. Puncturing is also utilized to form the coding rate which is required to meet the target FER. Finally, Table I shows the resulted look-up table for four channel status, where the 2-bit CQI messages vary from 0 − 3 corresponding to four ranges of SNR values. The stored coding rates guarantee the FER of 10 −3 in the corresponding SNR regions, as shown in Fig.4 . The SNR thresholds of 2.1dB, 5.1dB and 6.2dB in Table I may be obtained by intersecting a horizontal line of 10 −3 with three FER curves of coding rates 
IV. SIMULATION RESULTS
In this section, computer simulations are carried out to evaluate the performance of the proposed scheme. We chose non-adaptive HARQ schemes with a fixed coding rate, namely Type-II HARQ with CC and Type-III HARQ as benchmarks. Furthermore, a simple FEC scheme without retransmissions referred to as non-HARQ is employed as the benchmark to illustrate the improvement of HARQ schemes. All benchmarks in our simulations depend on the turbo encoder shown in Fig.2 , which is able to produce a 1 3 -rate codeword b. Based on it, a 1 2 -rate encoded packet will be generated, which includes the whole systematic bits a and the parity bits punctured from the odd bits of b 1 and the even bits of b 2 . In Type-II HARQ with CC, this 1 2 -rate encoded packet will be (re)transmitted during each (re)transmission. At the receiver, only CC is performed before the iterative decoding. In order to maintain the same overall coding rate of 1 6 as our adaptive HARQ, we set the retry limit to be 3. For fair comparison, the non-HARQ scheme employ a simple FEC scheme with 1 6 coding rate which equals the lowest coding rate of the HARQ schemes. For the benchmark of Type-III HARQ, the same 1 2 -rate encoded packet is transmitted during the first transmission. However, a 1 2 -rate encoded packet including the systematic bits and the parity bits from the rest of b 1 and b 2 excluded in the first transmission will be sent to the receiver, where the soft combining of CC and IR will be executed for the iterative decoding. The same 1 2 -rate encoded packet in the first transmission is repeated for the third transmission. Likewise, only CC is performed by the receiver following the third reception. Finally, the non-HARQ scheme only transmits once the A statistically large number of packets were sent to calculate the throughput and FER for all above schemes, where the packet length is set to be k = 84 bits. Quadrature Phase Shift Keying (QPSK) modulated transmissions in all simulations are based on a quasi-static Rayleigh fading channel, as assumed before. Furthermore, the channel gain keeps constant for all (re)transmissions of a single packet, while varies independently packet by packet. The generator polynomials of the turbo encoder may be octally presented by (13, 15) o . And the number of iterations during each turbo decoding is set to be 5.
Experiment 1:
The objective of this experiment is to examine the system reliability of the proposed adaptive HARQ scheme based on instantaneous channel information. The FER performance of the proposed scheme is illustrated with those of non-adaptive retransmission schemes in Fig.5 , where the non-HARQ scheme without any retransmission serves as the upper bound for 1 6 coding rate. As is shown in Fig.5 , the proposed adaptive HARQ scheme can almost achieve the same performance as Type-II HARQ with CC and slightly outperforms Type-III HARQ by 1 dB. In the low SNR range, the adaptive-HARQ scheme always transmits with the full coding rate due to the hostile channel situation and retransmission is always required resulting in a reduced throughput. In the high SNR range, rate-adaptation mechanism of the proposed scheme gains the benefit of the channel information and the throughput is improved which is shown in Fig.6 .
Experiment 2: The objective of this experiment is to examine the throughput for all HARQ schemes, which is defined as the successfully transmitted information bits over the total transmitted bits including retransmissions and the signalling overhead such as ACK/NACK and CQI indicator messages. As shown in Fig.6 , the throughput is directly affected by the maximum number of transmissions for Type-II HARQ with CC and Type-III HARQ. Furthermore, the proposed HARQ scheme with instantaneous channel information outperforms the non-adaptive HARQ schemes, especially in high SNR regions. It may be observed in Fig.5 and Fig.6 that the FER performance goes in-line with the throughput. The proposed adaptive HARQ scheme strives to increase the probability of successful decoding for the first transmission and reduce redundancy information with the aid of the channel information. In this way, a better throughput performance may be achieved.
Experiment 3: The objective of this experiment is to investigate the effect of the extra signalling overhead, namely the CQI indicator messages on the throughput when a shorter packet is implemented for the proposed scheme with instantaneous channel feedback. The threshold is obtained by simulation as mentioned in Section III-C. As shown in Fig.7 where the packet length is 32-bit, the proposed scheme outperforms the non-adaptive schemes in the low SNR regions, while suffering a throughput reduction due to the extra signalling overhead. However, the reduction becomes negligible as the SNR values increase. When the SNR values increase to those higher than 8dB, the throughput of our adaptive HARQ scheme becomes the largest one among all schemes, as seen in Fig.7 . Additionally, it can be observed that as the packet length increases, the effect of channel feedback on throughput becomes negligible and the advantage of the proposed scheme over non-adaptive HARQ becomes more obvious.
V. CONCLUSION
In this paper, we have presented a novel adaptive HARQ scheme for M2M communications using instantaneous channel information. The proposed scheme aims at achieving a better throughput-reliability performance through exploitation of channel information. The proposed scheme determines the suitable (re)transmission mode to guarantee a specific FER during the first transmission. The advantages of the proposed scheme in reliability and throughput are shown through simulations. It is shown that the proposed approach can outperform the conventional fixed HARQ schemes in reliability and throughput.
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